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Claims 



^X;^ Method for the compression of an electric audio signal 
wh^i^h is produced in the process of recording the ambient 
nois\^ by means of an electroacoustic transducer, more 
particularly a microphone, 
whereinX 

- the amf^iitude of said audio signal or of a derived digital 
or analog Signal is normalized to a first predetermined 
range D; \ 

- said audio Mgnal is mapped using a nonlinear function 
onto a second predetermined range of values W in order to 
obtain an emphasrs of sensitive value ranges; and 

- the result is stVred in an electronic memory in a digital 
form. \ 

2. The method of claH.m 1, wherein a nonlinear function is 
used whose slope dW/dD d^reases with increasing values in 
order to obtain an emphasi\ of the small values of said 
first range of values. \ 

3. The method of claim 1, wherein said result is 
represented by binary numbers haVing a fixed number of 
binary digits from 3 to 16 bits, Vreferably from 4 to 8 
bits, and more preferably of 4 bitk. 

4. The method of claim 1, wherein \aid audio signal is 
divided into at least two band signalsNby filtering, each 
one of the band signals containing a frequency range of the 
audio signal, and each band signal only containing the 
content of the other band signals in a cleaMy attenuated 
form, more particularly attenuated to the hal^, or not at 
all. \ 
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5. The methocT^si claim 4, wherein 3 to 15, preferably 4 
to 10, more pref erab]>^to 8, and particularly preferably 6 
band signals are produced. 



6. The Method of claim 4, wherein said band signals 
essentially contain frequency ranges of the same width each, 
and all fltequency ranges are comprised in the range of 500 
Hz to lo/oOO Hz. 

The method of claim 4, wherein the band signals are 
generated by a single or a cascaded multiple splitting of an 
inpik: signal which is the audio signal or one of the output 
signals in applying the following steps: 

- firs\low pass filtering generating a first output band 
signal, 

- subtractSLon of the first output band signal from the input 
signal for tvhe generation of a second output band signal; 
all first lov\pass filterings preferably having the same -Q- 
f actor . 

8. The method ol claim 7, wherein said low pass filtering 
is realized by mean^of a digital convolution over 10 - 30 
values, preferably 15\ 25 values, and more preferably 19 
values . 



9. The method of claim 8\ wherein for the purpose of the 
low pass filtering, the convdiution is performed with the 
terms ai*Xt-i, the coefficients V/ 0 < i < 18, being 
approximately equal to {0.03, 0 . V -0.05, 0,0, 0.06, 0.0, 
-0.11, 0.0, 0.32, 0.50, 0.32, 0.0,\-0.11, 0.0, 0.06, 0.0, 
-0.05, 0.0, 0.03}. 



10. The method of claim 7, wherein thev input signal is 
digitized and only every nth value of eac\ division stage is 
added to the band signal, n being at least\ and preferably 
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n - -Trr-^n order to compensate for the increased data voluitie 
resulting fr5:n>4;he splitting into band signals. 

11. The method of cla^isq^ 1, wherein an energy signal which 
is proportional to the energ^^^ntent is generated from said 
audio signal or from a signal dertstgci therefrom, said energy 
signal preferably being generated by sqtra^ng 
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12. The methg(d of claim 11, wherein said energy signal is 
subjected to ^ second low pass filtering. 
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1\ The method of claim 12, wherein said second low pass 
filtsering is effected digitally in the form of a convolution 
over\o to 70 values, preferably 40 to 55 values, and more 
preferably 48 values approximately, the coefficients of the 
convolution preferably being essentially equal to each other 
and more preferably equal to 1.0. 



14. The metftod of claim 13, wherein said second low pass 
20 filtering is follslowed by a second data reduction where one 
energy value amonX n filtered values is selected, n being at 
least equal to 2 anck preferably equal to the number of 
values of the convolution of the second low pass filtering. 

25 15. The method of claim\l, wherein a subsequent 

differentiation of the energy signal with respect to the 
time is effected in order to obtain an energy difference 
signal, said differentiation pre^rably being effected by 
computing the difference between ^ch two respective values 

30 of the signal. 
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16. The method of claim 1, wherein thte normalization to a 
range of values W, which is defined by aNlower limit W^, 
preferably 0, and an upper limit Wo, whereNSo - is 
preferably equal to 2"-l, n being a whole number greater 
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tfaan 4 and preferably equal to 1, is effected by: 

- abtaining the maxiraum of the absolute value of the input 
sign^ within the normalizing duration of the signal, which 
is shorter or preferably equal to the duration of a hearing 
sample, \ 

- by multiplying the reciprocal value of said maximum by (Wo 

- Wu + 1 ) / \nd 

- by multiplying this product by each value of the input 
signal withinVhe duration of the normalized signal. 

17. The method\f claim 1, wherein essentially all steps 
of the method are\erformed by integer or fixed point 
arithmetic, preferably by binary arithmetic with a number of 
digits as provided byVhe employed computing unit. 

18. Device for carryin\out the method of claim 1, wherein 
the device includes a hearing sample unit comprising at 
least one signal processor Vich memory is destined to 
perform at least one processing step of the method. 

19. The device of claim 18, wherein a non-volatile 
semiconductor memory is connectedVo said processor which 
allows to store the results of the Wthod. 

20. The device of claim 18, wherein \ timer is connected 
to the power supply of said hearing sam^e unit which allows 
to switch off the hearing sample unit wheV no processing 
activity is required, more particularly inNihe periods 
between the processing of two hearing sample^/ in order to 
reduce the energy consumption. \ 

21. The device of claim 20, wherein the power stoply of 
said non-volatile memory and/or said memory itselfVs 
connected to a timer in such a manner that the memorV is 
essentially capable of being operated only during the\ 
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storage of the results in order to reduce the energy 
cons^ipiption by the memory. 

22. Th^device of claim 18, wherein it is in the form of 
5 an object \hich is usually carried by persons, preferably in 

the form of \ wristwatch. 

23. Method forVthe evaluation of the results of the 
hearing sample prd^s^essing according to claim 1, wherein 

10 program samples of tKe monitored programs are recorded which 
have at least the sameNiuration as the hearing samples, the 
program samples are subj^ted to the same processing steps 
as the hearing samples, andva calculation of a first 
correlation of the hearing sasmles with the processed 

15 program samples is effected in^order to find a match. 
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24. The method of claim 23, wherein the recording of the 
program samples is started sufficiently before that of the 
hearing samples and its duration is sufSdciently longer than 
that of the hearing samples to ensure thaKin the 
correlation, time shifts between the timer for the hearing 
samples and the timer for the program samplesVan be 
compensated by a displacement in time of the heading samples 
with respect to the program samples. 

25. The method of cl^im 23, wherein said first correlation 
is a standard corifeLation according to the formula 



c<- = 



where 




E (-i-t)' 

i=l 
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N 

t 

Si 

rtii 

Ci 



number of vaVues of the hearing sample which are 
used in tl>e correlation, 
time stefft 

hearing I sajaple value at the time i/ 
programL^mple value at the time i, 
correlation value for the time shift t: -1 < Ct ^ 



6. The method of claim 24, wherein the comparison of the 
hiring samples with the program samples is effected in two 
paskes, a respective hearing sample being compared to all 
prognam samples in all ways in the first pass by means of 
said fiSrst correlation whose calculation is simpler due to a 
coarser graduation of the time shift, while in the case of a 
time shiftVwhose correlation values Ct are above a 
predetermine limit, a second, rugged correlation is 
effected whic\ provides a finer graduation of the time shift 
and in particular, a time resolution which is at least twice 
as high as in th^first correlation, said second correlation 
preferably being cnosen such that great deviations between 
the hearing and the porogram sample have a smaller influence 
upon the correlation coefficients than in the first 
correlation, and prefer^ly being effected according to the 
formula 



Ik- 



r - 



N 

Ilsil 

i = l 



i-t 



where 
N 



number of hearing sample values i>sed in the 
correlation, 

time shift between the hearing and th^ program 
sample, 
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hearing sample value at the time i, 
program sample value at the time i, and 
scaling factor which takes account of the damping 
of the program signal with respect to the hearing 
sample; 

orrelation value for the shift t, 0 (optimal 
correlation) < rt < 1 {no correlation) , 
a being determined in such a manner that rt assumes a 
minimal value. 

27. Data carrierV more particularly magnetic, optical or 
magneto-optical dat^carrier, containing a recorded program 
upon whose execution t^e method according to claim 1 is 
carried out. 

28. Data carrier, more paVicularly magnetic, optical or 
magneto-optical data carrier ,\containing a recorded program 
upon whose execution the methoc\according to claim 23 is 
carried out. 

29. Device comprising at least oneVrogram controlled 
processor unit and a memory for the storage of the program 
controlling said processor unit, wherein^eaid memory 
contains a program under whose control at Peast one and 
preferably all operations of the method of clKim 1 can be 
performed. 




